This paper proposes an analytical framework for performance evaluation of TCP (Transport Control Protocol) over adaptive wireless links. Specifically, we include adaptation of power, modulation format and error recovery strategy, and incorporate some features of wireless fading channels. This framework is then used to pursue joint optimization through maximization of an objective functional, that expresses a trade-off between achievable throughput and energy costs. A set of numerical results is reported, and it is seen that Hybrid ARQ schemes may provide significant benefits in the optimization framework.
I. INTRODUCTION
One of the most relevant challenges in recent years has concerned efficient deployment of TCP over wireless links, where propagation impairments such as shadowing, multi-path propagation and path loss [1] have detrimental effects on transport performance. Indeed, since TCP was designed to work on wired (non fading) links, it tends to react to packet losses by initiating a congestion control algorithm, which causes the reduction in the load of the intermediate links and hence a suboptimal end-to-end performance. While on one side efforts have been devoted to develop analytical setups for performance analysis (see e.g. [2] for characterization of sequences of errors in correlated fading channels), other efforts have been directed to overcome performance degradation. The most relevant solutions to improve the behaviour of TCP over wireless links can be subdivided into three categories: split connection (i.e. [3] ), end-to-end (i.e. [4, 5] ), and link layer approach. We are mainly interested in the link-layer approach ( [6, 7] ), which resorts to proper management of radio resources (e.g. power allocation) and error recovery to hide propagation impairments as much as possible to upper layers. This approach allows to avoid any modification at the transport layer, but at the expense of increased efforts on the lower layers of the wireless interface.
Since final performance (e.g. achievable throughput at the transport level) depends on the combined behaviour of the above mentioned components, developing consistent models that capture interactions and their complexity is of crucial relevance. Along this line, this paper moves from recent papers (e.g. ( [6, 7] ) and proposes significant extensions in order to jointly consider the following components in the optimization task: power settings (allocation), modulation format (from MSK to 8-PSK within the EDGE frame), and error recovery The outline of this paper is as follows. In section II the system model is presented, in section III the analysis of the objective function is described, while numerical results are exposed in section IV; finally in section V conclusions are drawn.
II. SYSTEM MODEL
Moving from [6] , the transmission scheme for TCP extended over a wireless link is shown in Fig. 1 . We consider only one sender, one receiver and one base station for acknowledgements (ACKs) crossing. While we do not deal specifically with fragmentation, we assume that a TCP packet of size M SS (expressed in bits) is split into J (radio) blocks, with J = M SS K , where K denotes the block length. Each block is then encoded and transmitted, as shown in Fig.1 . Furthermore, it has been assumed that the base station has a large enough buffer.
A. TCP/IP
For our computations, we use the Reno version of TCP since it is the most popular implementation in the Internet today, [8, 9] . For this reason, we consider not only the behaviour of TCP fast retransmit mechanism, but also the effects of TCP timeout mechanism, as expected from Reno congestion control algorithm, [10, 11] . This latter aspect is of fundamental importance, since it has been demonstrated that in a wireless context the number of timeout events is usually larger then the number of fast retransmit events, [12, 13, 14] .
We retain in this context the following approximate expression for TCP Reno's [15] :
(1) where W max is the maximum allowed congestion window size, P S is the probability of a TCP segment loss, T 0 is the Time Out period and RTT is the round trip time, whose expression will be computed in the following.
The probability that a TCP segment is discarded because of link errors in the wireless channel can be evaluated as:
B. Link layer error control: Hybrid ARQ of Type I
We assume a Hybrid ARQ (Automatic Repeat Request) of Type I [16] for error recovery at the link layer. This scheme uses a code, i.e. an (n, k) linear code, which is designed for simultaneous error detection and error correction (FEC, Forward Error Correction). When the received block is detected with errors, the receiver first attempts to locate and correct the errors.
If the presence of an error pattern is detected that exceeds correction capabilities, the receiver rejects the received block and requests a retransmission. For our computations we adopted a Reed-Solomon (RS) code, [16] while a Stop-and-Wait (SW) algorithm was adopted for the ARQ component.
1) Encoding and FEC component
Each K bits-block is encoded in a code word of length N . The redundancy ratio is defined as:
We assume that the probability of undetecting a corrupted block is almost zero. We also assume that ACK are well protected and there is no probability to lose them in any link. A TCP segment is decoded properly if all blocks are received uncorrupted and decoded by the receiver. In general, for an (N, K) code, the coding gain, which is the reduction in the transmission power that is achieved when using a coded signal, is given by
2) ARQ component
If FEC does not succeed in decoding one block, the link level error recovery mechanism turns to ARQ and tries to re-send the block (frame) for δ times where δ is the maximum number of allowable retransmissions and is called persistency. If the block (frame) cannot be delivered after δ trials, ARQ assumes that the frame cannot be locally recovered and leaves to TCP the correction of the frame on an end-to-end basis. As already evidenced, we assume a SW ARQ mechanism.
3) Power control
Power control in intended as power allocation to counteract large scale (path loss) and medium scale (shadowing) fluctuations in the channel gain. This is reasonable in those systems where fast power control is not implemented. Fast fading is however accounted for, as explained in the following section, in the expression of the average bit error rate (BER) through fast fading statistics.
C. Model for TCP throughput
According to [6] , the expression for TCP throughput can be written as follows:
where y represents the transmission power.
1) RTT computation
In order to evaluate the expression for RTT, we assume that data blocks are quickly acknowledged by ARQ-SW and sizes of acknowledgments are negligible if compared to data blocks. The RTT is obviously dependent on the number of retransmissions. Let δ i , i = 1 . . . J denotes the number of times we retransmit the block i of a TCP segment. δ i are i.i.d. geometric random variables. Therefore, the RTT mean value can be derived as follows:
where T is the round trip time of the wired part of the TCP connection, D is the one way propagation delay, B is the transmission rate, T b = N/B is the time needed for the transmission of one block, T s = JN/B = MSS(x + 1)/B is the time needed for the transmission of a segment.
2) Average number of retransmissions
The average number of retransmissions can be computed by considering that the random variables δ i assume values within the range 0,˙,δ. It can be shown that
Moreover, it can be shown that
and, since Reed-Solomon codes are used, [19] :
where P b is the probability of a bit error. By assuming symbolto-symbol independence when dealing with error events, it turns out that:
and it is possible to demonstrate that:
. The following expressions are then obtained:
where δ j=0 jP
and finally:
D. Definition of the objective function
We have to consider two main aspects for the evaluation of the objective function: the throughput produced λ and the cost to obtain it c. According to [6] , the following expression is adopted:
1) Cost evaluation
Two cost components are considered, namely [6] : a term which takes energy consumption into account and a term which considers the amount of wireless resources employed. If x is the redundancy ratio introduced by FEC and if the aim is to transfer S segments of M SS bits size, each segment would be transmitted in a total of J codewords of length K(1 + x) over the wireless link, where each codeword could be retransmitted 0 ≤ δ i ≤ δ times. It follows that S · MSS · (1 + x) · (1 + δ i ) bits must be transmitted. Accordingly, the cost of the resources required to complete the transfer is given by:
where K res (expressed in bit −1 ) is a constant which represents the cost of the bandwidth resources required to transfer a bit. For what concerns the energy, let K en , expressed in Joule −1 , denote the cost of a unit of energy. Considering that y/B is the energy transmitted per bit, the total energy cost can be expressed as:
It follows that the cost of the transfer of S TCP segments can be evaluated as:
III. ANALYSIS OF THE OBJECTIVE FUNCTION
In order to analyze the behaviour of the objective function we consider two modulation formats, namely Gaussian minimum shift keying (GMSK) and 8-phase shift keying (8PSK), that are included in the set of allowed formats within EDGE [18] . Moreover, in order to increase the complexity of our evaluation setup, we consider first an AWGN channel and then a Rayleigh flat fading channel.
A. Case of additive white Gaussian noise (AWGN) channel
The probability of a symbol error for the 8PSK over a link affected only by AWGN can be expressed as follows, [19] :
where E is the energy per symbol, N 0 is the noise power spectral density and 8 is the size of the alphabet used for coding. By considering the following relations: E = P R B log 2 (8) and P R = AyG c , where A is the path loss and B is the bit rate, it follows that:
Assuming a Gray encoding yields:
For GMSK modulation, the following expression holds true [19] :
where: E = (2AyG c )/B and, when a Gray code is used, the bit error probability can be approximated as follows :
B. Case of non-selective Rayleigh fading channel
Let us assume a coherent detection. Following [19] , it is possible to demonstrate that the bit error probabilities for the examined modulation formats can be expressed as follows. For the GMSK:
where
and σ 2 = E(α 2 )/2 = 1/2. For the 8PSK:
IV. NUMERICAL RESULTS For our computations we use the set of values presented in Table I . It has to be noticed that, besides the already mentioned extensions, we further specify with respect to previous works [6, 7] that a fixed radio-frequency bandwidth is assumed here, which obviously restricts the set of feasible combinations for joint settings of various parameters. Certainly, this assumption accounts for actual operations of radio systems like GSM and EDGE, that operate with a fixed 200 kHz radio frequency bandwidth. 
A. Case of AWGN channel
In Fig. 2 we observe that the objective function, defined in 11, first increases to a maximum value and then reduces with increase in x for each value of the transmission power; while concerning with this behaviour, we usually remark that the FEC has cleaned the radio link from TCP point of view, [7] . Moreover, we note an increase of the objective function with the increase of the transmission power, even if also in this case there is a limit. In fact from Fig. 2 we observe that we can increase the value of y up to a certain optimum, beyond which γ starts to decrease because the gain in the objective function is outweighted by the increased cost of utilized resources.
In Fig. 3 we plot the objective function obtained with the introduction of the hybrid ARQ. We observe that the maximum achievable value of γ increases as δ increases and less redundancy is needed. We have also demonstrated that it not possible to have additional improvements by only increasing δ.
For what concerns 8PSK the reaction to the introduction of the hybrid ARQ is the same as for GMSK (see fig. 4 , 5), while we observe that the maximum of γ is achievable for a smaller value of x. On the other hand the performance of the whole systen is strongly reduced since it is possible to achieve a maximum value of the objective function reduced by a factor of 3 (with respect to the previous case) through the use of higher values of the transmission power. These latter behaviour depends on the increased bit error probability of the multilevel modulation.
B. Case of non-selective fading channel
In Fig. 6 we plot the behaviour of the objective function in a non selective Rayleigh fading channel. We observe that the maximum achievable value of γ is much smaller then in the ideal case, because the channel quality is worse. Moreover, the value of redundancy corresponding to the maximum of γ does not change considerably with an increase in transmission power, while there are vertical translations. Fig. 7 shows that the introduction of the hybrid ARQ brings important improvement in the objective function's performance. Moreover these improvements are larger then the corresponding ones produced in the ideal case of AWGN channel. This is due to the ability of the ARQ to mask the real channel quality, making TCP to experiment a lower error probability which is a critical parameter for FEC alone. Similar results have been obtained for 8PSK (see Fig. 8, 9 ).
We notice that in this latter case the differences between the results obtained for the two modulation formats for transmission through a fading channel are smaller then the ones previously obtained for the AWGN channel. This is due to the channel contribution σ to the error probability which is independent on the modulation used.
V. CONCLUSIONS
In this paper we have provided a performance analysis setup for TCP over wireless: it includes joint combination of hybrid ARQ, power management and modulation format in order to optimize a cost-benefit functional at the transport level. The analytical setup also captures some features of fading channels, while numerical results clearly evidenced that a joint careful tuning of all components is required in order to achieve maximum performance.
While in this paper we have been concerned with optimization in a static environment, current work is focused on actual introduction of the dynamic behavior in a mobile environment, where adaptivity can be truly exploited in varying the optimization setup during system operations and can be eventually formalized in cross-layered architectures. Future work also includes behaviours of UMTS WCDMA wireless interface and the consequent MAI (Multiple Access Interference) component induced by multi-users operations. 
